Abstract. Modern audio codecs used in VoIP can improve the listening quality by transmitting the main characteristics of the background noise signal during the silence periods. This traffic has been traditionally neglected in the codec mean bit-rate estimation. Nevertheless, when considering an IP environment, the packet overhead increases significantly the required mean transmission bit-rate. Hence, the transmission of the background noise signal can result into either a poor network resource dimensioning in network planning or in the violation of the SLA traffic specifications in a DiffServ scenario. This paper presents a study on the influence of the background noise signal in the mean transmission bit rate required by conversations in IP networks. A new traffic pattern generation model is presented, for which an analytical expression for the mean bit rate is derived. This model is parametrized for the G.729B and the GSM AMR codecs. Experimental results show that this new model significantly enhances the current mean bit rate estimation. The traffic profile of aggregated audio traffic is also addressed, obtaining results which improve the current ON-OFF aggregated traffic models.
Introduction and Previous Work
Current audio codecs can improve the speech quality by reproducing the talker's background noise. This feature is supported by a special frame type called Silence Insert Descriptor (SID), generated at the speaker's side, which describe the main characteristics of the background noise. The SID frames are generated during voice inactivity periods, and their coding scheme differs from that of the active voice frames (ACT frames). SID frames are generated by the codec's DTX algorithm according to changes in the background noise energy and to some specific rules depending on the codec's implementation [1, 2] . Human speech has been traditionally modeled as a sequence of alternate talk and silence periods whose duration is exponentially distributed in the so-called
The work leading to this article has been partly supported by CICYT and the EU under contract number TIC2003-04784-C02-02. ON-OFF model [4] . The traditional ON-OFF model does not consider the effect of the SID frames in the traffic pattern generated by voice sources. This have been commonly accepted since the effect of short-size SID frames in the codec bit rate is reduced (typically less than 2 %) [1]. The encoded speech is then packetized into packets before transmission. Each such packet includes the headers at the various protocol layers (namely, RTP, UDP, and IP header as well as the data link layer headers) and the payload, comprising a sequence of N consecutive codec frames (we will name this factor N fpp ). The packet overhead significantly increases the mean bit rate, specially for low values of N fpp . Thus, the presence of SID frames can severely affect the traditional ON-OFF traffic mean bit rate estimation [3] . We propose a new model for the frame generation pattern of one voice source in which the generation of SID frames is included. An analytical expression for the mean bit rate at the input of the IP network is deduced for this model as a function of the packetization factor N fpp . Experimental validation will let us compare the mean bit rate obtained from both models with trace measurements for the G.729B and AMR codecs. This model is also extended to the aggregated traffic of voice sources, obtaining better results than with the traditional aggregation ON-OFF models. The remainder of this paper is organized as follows: we next review the previous works about voice source traffic modeling, section 2 proposes a new voice source which differs from the traditional ON-OFF model in taking into account the traffic generated by the emission of the background noise. Section 3 addresses the traffic pattern of the aggregated voice sources which follow the new model. Section 4 is devoted to a experimental validation of the proposed model and finally, section 5 concludes the paper.
One Voice Source Modeling
Human speech traffic generated by codecs equipped with the silence suppression feature has been traditionally modeled with the ON-OFF model [4] . The voice frames are continuously generated during ON periods while no frames are transmitted during OFF periods. Although better fits can be found in [5] , the duration of both periods is considered to follow an exponential distribution. The mean ON periods duration is T ON , while mean OFF periods duration is T OF F , where 1/T ON and 1/T OF F are the states transition rate. According to [6] , an ON-OFF source can be defined by the triplet: T ,T ON and ρ, where ρ accounts for the portion of the time during which voice frames are being sent (ON state). This can be calculated from the balance equation of the Markovian process as ρ = T ON /(T ON + T OF F ). According to the ON-OFF model, the mean bit rate due to the frame generation process is:
where L ACT is the voice frames size in bits.
